Introduction
Speech coders have assumed a considerable importance in communication systems as their performance, to a large extent, determines the quality of the recovered speech and the capacity of the system In wireless communication systems, bandwidth is a precious commodity and service providers are continuously met with the challenge of accommodating more users within a limited allocated bandwidth The goal of all speech coding systems is to transmit speech with the highest possible quality using the least possible channel capacity 
ADPCM continued
In ADPCM, instead of encoding the differences between adjacent samples, a linear predictor is used to predict the current sample The difference between the predicted and actual sample called the prediction error is encoded for transmission Prediction is based on the knowledge of the autocorrelation properties of speech.
Frequency Domain Coding of Speech
The speech signal is divided into a set of frequency components which are quantized and encoded separately. The most common types include:
Sub-band coding (SBC)
Divides the speech signal into many smaller sub-bands and encodes each sub-band separately according to some perceptual criterion.
Block transform coding
Codes the short-time transform of a windowed sequence of samples and encodes them with number of bits proportional to its perceptual significance
Sub-band Coding
In a sub-band coder, speech is typically divided into four or eight sub-bands by a bank of filters. Each sub-band is sampled at a bandpass Nyquist rate and encoded with different accuracy in accordance to a perceptual criteria. Bit rates in the range 9.6 kbps to 32 kbps. In this range, speech quality is roughly equivalent to ADPCM
Adaptive Transform Coding
Bit rates in the range 9.6 kbps to 20 kbps Complex technique which involves block transformations of windowed input segments of the speech waveform Each segment is represented by a set of transform coefficients, which are separately quantized and transmitted. One of the most frequently used transforms is the discrete cosine transform (DCT) Vocoders Vocoders analyze the voice signal at the transmitter, transmit parameters derived from the analysis, and synthesize the voice at the receiver using those parameters Much more complex than waveform coders and achieve very high economy in transmission rate But they are less robust, and their performance tend to be talker dependent 
